BBC RD 1985/16 



RESEARCH DEPARTMENT REPORT 



Digital coding ranges for use 
in an all-digital sound-studio complex 



W.I. Manson B.Sc. (Eng) 



Research Department, Engineering Division 

THE BRITISH BROADCASTING CORPORATION December. i ass 



BBC RD 1985/16 



DIGITAL CODING RANGES 

FOR USE IN AN ALL-DIGITAL SOUND-STUDIO COMPLEX 

W.i. Manson B. Sc. (Eng.) 



Summary 

This Report considers principally the sound-signal coding-range requirements for 
different applications in a digital studio complex, excluding the internal requirements of 
processing equipment, such as control desks, etc. It is suggested that the most demanding 
requirements should be met by a coding standard of 22 bits j sample for uncontrolled sound 
signals. With manual control the coding range may be reduced considerably, but should 
not be reduced below 18 bits/sample within the studio complex in order to provide a coding 
marginfor possible post-production processing of the signal. This margin comprises 2 bits 
(l2dB) of headroom to accommodate signal peaks exceeding the nominal maximum 
level as well as least-significant bits to preserve a low level of quantising error. At the 
output of the studio centre, when no further processing of the signal is envisaged, the 
coding may be reduced to 16 bits j sample, or to 14 bits/sample with the aid of digital 
limiting for distribution. 

It is noted that 22 bits i sample linear coding is well beyond the capability of present 
analogue! digital converter technology, but it is envisaged that floating-point converters 
approaching this standard, with a resolution of, say, 15 bits/ sample would be adequate 
and will be developed in the future. It is also noted that floating point techniques may have 
further application in digital recording, to provide equivalent wide-dynamic-range 
recording facilities. 



Issued under the Authority of 



n ^- ^- 




Research Department, Engineering Division, 

BRITISH BROADCASTING CORPORATION Head of Research Department 



Oacvmber 1 985 
(EL-17B). 



Thta Raport mav not be reproduced In any 
form without the written permlMion of the 
British Sro*dcaitlr)g Corporation. 



It uie» SI unit! In 
document PD 5686. 



sccordance with B.S. 



DIGITAL CODING RANGES 
FOR USE IN AN ALL-DIGITAL SOUND-STUDIO COMPLEX 

Section Title Page 

Summary Title Page 

1. Introduction 1 

2. Coding resolution for high-qualitv digital sound signals 1 

3. Coding range for high-quality digital sound signals 1 

3.1. General 1 

3.2. Coding range for uncontrolled sound signals 1 

3.2.1. Standard for microphone signals 1 

3.2.2. Standard for recording uncontrolled signals 2 

3.3. Coding range for controlled sound signals 3 

3.3.1. Standard for control -desk output signals 3 

3.3.2. Standard for recording controlled signals 4 

4. Conclusions 5 

5. Acknowledgements 5 

6. References 6 



(EL-17B) 



© BBC 2006. All rights reserved. Except as provided below, no part of this document may be 
reproduced in any material form (including photocopying or storing it in any medium by electronic 
means) without the prior written permission of BBC Research & Development except in accordance 
with the provisions of the (UK) Copyright, Designs and Patents Act 1988. 

The BBC grants permission to individuals and organisations to make copies of the entire document 
(including this copyright notice) for their own internal use. No copies of this document may be 
published, distributed or made available to third parties whether by paper, electronic or other means 
without the BBC's prior written permission. Where necessary, third parties should be directed to the 
relevant page on BBC's website at http://www.bbc.co.uk/rd/pubs/ for a copy of this document. 



DIGITAL CODING RANGES FOR USE IN AN ALL-DIGITAL SOUND-STUDIO COMPLEX 

W.I. Manson B.Sc. (Eng) 



1 . Introduction 

It was estimated in previous work^ that the 
signal-to-noise ratio at the output of a sound-studio 
microphone could be equivalent to that of an ideal 
pulse-code modulation (p.c.m.) system with a cod- 
ing range of up to 18 bits/sample. It was further 
estimated that, provided that the levels of the ana- 
logue signals from the microphone amplifiers were 
preset with extreme care, and that a typical oper- 
ational control-range requirement was assumed, a 
16 bits/sample studio coding standard could be just 
adequate to feed a distribution system with a coding 
range of not greater than 14 bits/sample. 

However, it is now realised that such an ar- 
rangement would in practice be extremely restrict- 
ing. There will be numerous occasions when the 
precise adjustment of preset controls at the sound 
source - always inconvenient - is, in fact, impractic- 
able. Also, unanticipated variations of sound level 
can occur which require an extended control range. 
Finally, the system described above would provide 
no potential for development to meet possible future 
requirements - say for a new, wider-range, broad- 
casting system or for wide-range master recordings 
for the production of digital Compact Discs for the 
domestic market. 

The present Report takes the above constraints 
into consideration, and discusses practical coding 
standards for an all-digital sound-studio system. 
Particular attention is given to the way in which 
digital working allows maximum freedom of oper- 
ational practice during programme production 
without hazarding programme quality, and to the 
need for standards of performance capable of meet- 
ing the most stringent demands which are likely to be 
made in the future. It discusses briefly the question 
of coding resolution, then considers in more detail 
the coding-range requirements for the different 
areas of an all-digital studio complex. 



Coding resolution for 
digital sound signals 



high-quality 



The present state of development of linear 
analogue-to-digital converters (a.d.cs) for high- 
quality sound signals is such that 14 bits/sample 
resolution designs can be made with near-theoretical 
performance, but 16 bits/sample a.d.cs tend to fall 
somewhat short of the theoretical standard, It thus 
seems inevitable that a.d.cs with the still greater 
coding range needed for uncontrolled programme 
signals, as discussed later, will not operate linearly 
but will be based on floating-point techniques for 



some considerable time to come. This need not be a 
disadvantage, however, since the principal require- 
ment is for increased range rather than increased 
resolution. 

A recent assessment of a 16/12 bits/sample 
floating-point a.d.c'^ noted that some experienced 
listeners could detect programme-modulated quant- 
ising noise when listening to certain critical test 
programme items. It was therefore concluded that 
the most demanding applications are likely to re- 
quire floating-point converters with a basic reso- 
lution somewhat higher than 12 bits/sample. 

On this basis it is deduced that a standard 
of resolution of some 15 bits/sample should be 
adequate for high-quality sound applications in 
which floating-point techniques are applied to 
achieve the extended coding range that is required. 

3. Coding range for high-quality digital 
sound signals 

3.1. General 

The coding range appropriate for the exchange 
of digital sound signals between different items of 
equipment depends on the particular area within a 
sound-studio complex which is being considered. 
The requirements for: 

(a) microphone output signals 

(b) the recording of uncontrolled signals (multi- 
channel) 

(c) control desk output signals 

(d) the recording of controlled signals (one- and 
two-channel) 

are considered separately in the following Sections. 

Coding standards appropriate for the internal 
operation of digital signal-processing equipment 
such as control desks, limiters, etc., are essentially 
the concern of the designers of such equipment and 
are not considered here. 

3.2 Coding range for uncontrolled sound signals 
3.2.1 Standard for microphone signals 

The areas in an all-digital sound broadcasting 
system most demanding of coding range are those 
where the signals are still uncontrolled as, for 
example, in the a.d.cs encoding the microphone 
output signals. 
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In earlier work^ it was estimated that, on the 
assumption of white-noise masking, an effective 
coding range of IHj bits/sample might be expected 
to eliminate the effects of granular distortion^ at low 
signal levels. In practice, however, any masking will 
largely result from acoustic noise - predominantly 
bass heavy and likely to differ appreciably from 
white noise in its masking effect. This has not been 
investigated further, but some extension of the 
coding range at low levels, say by 9dB (giving a 
range of 20 bits), is now suggested to ensure, ad- 
equate performance at low signal levels. 

An extension is also appropriate at the high- 
level end of the coding range for the following 
reasons. First, the estimations of signal level derived 
in the earlier work were based on the indications of 
quasi-peak reading instruments'*'^; but there will 
inevitably occur in practice some short-duration 
signals whose true peak levels exceed those in- 
dicated. Secondly, there will be occasions where the 
signal level is higher than anticipated because, of, 
say, an error in setting the gain of the analogue 
microphone-signal amphfier or because of differ- 
ences in sound level between rehearsal and trans- 
mission. Again, an appropriate allowance can only 
be estimated, but an extension of coding range by 
say 2 bits (12 dB) is considered to be desirable. 

These considerations lead to a proposed overall 
microphone-signal coding range of 22 bits/sample. 

It must be emphasised that this estimate as- 
sumes extreme conditions - for much programme 
generation a considerably reduced coding range 
would be entirely adequate. However, where full 
flexibility of studio use is to be ensured, a micro- 
phone signal coding range of 22 bits/sample is 
suggested. This standard imposes virtually no con- 
straints on studio operation, and removes much of 
the need for gain readjustment of analogue 
microphone-signal amplifiers. (A degree of adjust- 
ment might still be necessary to optimise the operat- 
ing conditions of the microphone-signal amplifiers 
themselves.) 

It is recognised that linear 22 bits/sample a.d.cs 
for high-quahty sound-signal applications are well 
beyond the capabihty of present technology, but, as 
mentioned in Section 2 it is envisaged that this range 
should be attainable by the use of floating-point 
techniques, with a basic resolution of, say, 15 
bits/sample. 

Little information is available about the work 
done in other organisations on the coding-range 
requirements for uncontrolled sound signals, but the 
agreed allocation of 20/24 bits/sample for pro- 



gramme signals in digital interface proposals^-^ 
tends to support the figure deduced above. 

3.2.2 Standard for recording uncontrolled 
signals 

Wide-range capability is also attractive for the 
multi-channel recording procedure now commonly 
adopted, in analogue form, for complex programme 
productions. Here the outputs of several micro- 
phones or microphone groups are recorded inde- 
pendently and are mixed-down to a one- (mono) or 
two-channel (stereo) programme recording in a 
subsequent session. 

Current BBC practice, using analogue multi- 
channel recording, is for individual channel gains 
to be pre-adjusted to some extent, but, in general, 
there is no operational control during recording. It is 
accepted that, as a result, conditions will not always 
be optimised - some recorded signals will be more 
noisy than they need be because the sound-signal 
level was lower than optimum (i.e. excessive head- 
room allowed) while others may suffer distortion 
because of overloading in the recorder (i.e. inade- 
quate headroom allowed)*. 

The consequences of recording at too low a 
level on a digital recorder are substantially the same 
as those for an analogue recorder, i.e. excessive 
noise. The consequences of recorder overloading are 
however, very different. In analogue recording, the 
overloading process typically takes the form of 
'soft' cfipping and, in moderate amounts, the low- 
order distortion products introduced are relatively 
inoffensive. In digital recording, on the other hand, 
overloading takes the form of 'hard' clipping 
resulting in a very obtrusive form of distortion. 
Digital overloading can, of course, be avoided by 
appropriate digital protection systems, but such 
techniques will introduce their own forms of impair- 
ment to some degree and may be obtrusive if the 
amount of protective compression is large. 

Overloading in digital recording can obviously 
be avoided by providing appropriate headroom, but 
it is important that this headroom be achieved by use 
of a system with adequate range, rather than by 
reducing the level of the digital sound signal to 'fit' 
a recorder of restricted range and thereby compro- 
mising performance at low signal levels. Fortu- 
nately, with the introduction of appropriate digital 
recording techniques, the constraints and impair- 



•Some particularly crucial sources may be recorded simulta- 
neously in two channels at difTerent levels for the subsequent 
mix-down process, the output of the high-level track is used 
during low-level programme passages, and vice versa, in order to 
avoid the impairments described. 
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ments outlined above can be avoided. It was es- 
timated (in Section 3.2.1) that the coding range 
appropriate for uncontrolled microphone output 
signals was some 22 bits/sample; if the digital multi- 
channel recorder is of similar capability these signals 
can be recorded and reproduced virtually transpa- 
rently, i.e. with no constraint at the time of record- 
ing, and without introducing any quality 
impairment. 

Extending the range capability of a linear 
digital recorder involves recording more inform- 
ation on the tape, and there is no fundamental 
reason why linear wide-range digital recorders 
should not be constructed to meet the suggested 22 
bits/sample standard. 

It may be, however, that practical consider- 
ations such as the existence of accepted tape for- 
mats, increased tape usage, etc, will weigh against 
the development of wide-range linear digital re- 
corders. If such factors do become dominant, it 
should be remembered that the floating-point tech- 
nique, already mentioned in connection with wide 
range a.d.cs, may have application also in extending 
the range of digital recorders. A 16 bits/sample 
recorder, could, for example, be arranged so that 15 
bits of each recorded word represent the programme 
signal (i.e. 15-bit resolution) while the remaining bit, 
accumulated over 4 sample periods forms a 4-bit 
scale-factor word. Thus a near-instantaneous com- 
panding system could be operated to extend the 
coding range to 22 bits or more, as required. Due 
consideration would have to be given to error 
protection, but, this apart, such a floating-point 
technique would allow a recording range in excess of 
22 bits/sample to be achieved with only 
1 6 bits/sample recorded on the tape. 

Thus the use of wide-range digital techniques 
for laying down multi-channel master recordings 
would allow great operational freedom during the 
recording process while the production is in pro- 
gress, and would enable the subsequent mix-down to 
the final product to be achieved without quality 
degradation. 

3.3 Coding range for controlled sound signals 

3.3.1 Standard for control-desk output 
signals 

The coding standards for the outputs of all- 
digital sound-signal control desks can be considered 
in terms of current operating practices, the perfor- 
mance of current distribution equipment and those 
developments which can be envisaged in the future. 

Established operational practice within the 



BBC is for analogue programme signals to be 
controlled manually to a nominal maximum level as 
indicated on a peak-programme meter^. Sufficient 
headroom is provided in the analogue circuits at, 
and inrmiediately following the point of control, to 
avoid significant overloading. This minimises the 
risk of impairment to the occasional but inevitable 
signals of excessive level which are not fully in- 
dicated on the programme meter or which simply 
elude the operator. 

Where signals controlled in this manner are 
applied to a transmitter or are digitally encoded for 
programme distribution by the existing BBC p.c.m. 
systems the nominal maximum signal level is set 
close to the full modulation level or to the full digital 
coding range. Overloading of the transmitter or of 
the distribution system by signals of excessive level 
is prevented by the use of suitable analogue 
limiters*®'^ which impose an absolute maximum 
level appropriate for the transmitter or digital sy- 
stem concerned. Thus little of the range of the 
transmitter or digital system has to be allocated as 
headroom, to provide a margin for alignment toler- 
ances, and transmitter modulation is thus kept high 
and the range of the digital system is used effectively. 

In practice such limiters can still cause detect- 
able quahty degradation if their action is excessive, 
and the nominal signal maximum applied to the 
limiter may be set slightly below the input hmiting 
level so as to reduce such effects. The precise amount 
of this level reduction is a matter of discussion, but a 
figure of 2dB has been applied in analogue oper- 
ation for many years and was judged to give satis- 
factory performance. 

The BBC NICAM-3^° system for point-to- 
point transmission of digital sound signals uses a 
sampling frequency of 32 kHz and has a coding 
range of 14 bits/sample, giving, with the inclusion of 
CCITT pre- and de-emphasis, a noise performance 
at low signal levels subjectively equivalent to that of 
a notional ideal linear p.c.m. system with a standard 
of about 14y bits/sample. 

The above data on existing conditions provides 
a reference from which the standard appropriate for 
control-desk output signals in all-digital operation 
may be estimated. It is necessary to consider the 
requirements for the sound signals as distributed to 
the broadcast transmitters and also the need to 
provide digital headroom at the control desk. The 
latter is required to reduce the degree of manual 

'The lerm limitcr is used here lo describe a syllabic-acting 
variable-gain device which does not introduce significant wave- 
form distortion under steady-state level-reducing condition, as 
opposed to a "chpper", which docs. 
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control at this point in the broadcast chain, thus 
avoiding unduly stringent operational procedures. 

It should also be borne in mind that new 
broadcasting techniques may well be developed and 
adopted in the future, and it is likely that there will 
be demands for an increased quality to be provided 
when the opportunity arises. On the assumption that 
such demands will eventually be met, a good case 
can be argued for setting an appropriately higher 
standard for digital studio equipment now, so as to 
minimise the risk of obsolescence of this equipment 
when standards are revised elsewhere in the chain. 

Moreover, although the output of a broadcast- 
ing organisation reaches its listeners predominantly 
through its programme distribution network and 
transmitters, the organisation will also wish to 
prepare recordings (including digital recordings) of 
selected programmes for the domestic market. In 
these circumstances there is a case for using a 
sufficiently extended coding range at the studio 
output to ensure favourable comparison with re- 
cordings obtained by the listener from other sources. 

It is therefore deduced that for sound-signal 
distribution a digital signal coding range in excess of 
14 bits/sample is required simply to maintain present 
standards. A 1 5 bits/sample standard would provide 
only minimal potential for future development and 
would fall short of the present standard set by 
commercial digital recordings. A 16 bits/sample 
standard would, however, allow for a considerable 
advance on the present NICAM-3 distribution sy- 
stem, and would yield a performance comparable 
with that of commercial digital sound recordings. 
Moreover, the additional quantising noise intro- 
duced in changing the sampling rate from the studio 
standard of 48 kHz to 32 kHz for distribution would 
be negligible. 

Finally we need to consider the need for some 
headroom at the point of manual control. It is 
important that digital standards should not require 
the imposition of new, more stringent, control pro- 
cedures. It would be unacceptable for a just- 
adequate coding range to be adopted for controlled 
signals as this would require extremely punctilious 
level control to avoid overload distortion whilst 
maintaining a high signal level in the digital output. 

Experience in analogue operation suggests that 
a headroom of 6dB would be inadequate, but that 
one of 12 dB should suffice. The proposal for manu- 
ally controlled signals in a digital environment is 
therefore that a coding range of 18 bits should be 
adopted, with a nominal maximum corresponding 
to about 16 bits and with digital limiting to impose 



an absolute maximum at 1 6 bits/sample where this is 
necessary. 

In summary, the 18-bit signal proposed for the 
mixer output envisages extensions at both ends of 
the coding range of the existing NICAM-3 distri- 
bution system. It includes a 2-bit (12 dB) operational 
headroom for manual control corresponding to 
the analogue headroom in existing desk output 
circuits and about \\ bits effective extension of 
low-signal resolution to allow production of wider- 
range master recordings - to meet possible future 
trends towards a greater coding range in 
broadcasting. 

3.3.2 Standard for recording controlled 
signals 

In addition to a reqtiirement for the multi- 
channel recording of virtually uncontrolled signals 
discussed in Section 3.2.2 there will be a need to 
record the single and two-channel (mono and stereo) 
desk-output controlled signals. 

A standard of 18 bits coding range, with a 
nominal maximum level corresponding to a coding 
range of 16 bits/sample has been suggested for desk 
output signals (Section 3.3.1), and the most direct 
operational process would be simply to record these 
signals without further control. The adoption of a 
lower, 16-bit standard for recording controlled sig- 
nals would require either meticulous manual control 
to maintain level but to avoid overloading, or the use 
of automatic control devices to set an absolute 
maximtmn digital range of 16 bits. The first of these 
options would almost certainly be unacceptable in a 
broadcasting environment, and in practice would 
leave the final 16-bit signal in general less than fully 
used. The second would require either every desk 
output or every recorder input to have its own 
automatic level-control device. This approach is 
unattractive because of the number of control de- 
vices required and further, because of a virtual 
inevitability that such devices would effectively be 
cascaded during programme production^ with the 
attendant risk that the audible effects on their action 
would be increased. 

The use of an 1 8-bit recording standard - with 
the automatic regulation of the 16-bit nominal 
maximum to a 16-bit absolute maximum imposed 
only for production of the final signal for distri- 
bution or for disc mastering- allows the full freedom 
of normal control procedures to be retained, and 
minimises the likelihood of cascaded automatic 
control devices. It further retains the full potential of 
the control desk output signal (18 bits/sample as 
discussed in the previous Section) for use as a 
programme source where this is required. 
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As with uncontrolled signals (Section 3.2.2) one 
could use 16-bit recorders operated in floating-point 
mode. An 18-bit capability is to be preferred, 
however. 

An 18-bit desk-output recording standard is 
therefore proposed. 

4. Conclusions 

The digital coding ranges appropriate for all- 
digital sound-studio applications well into the future 
have been considered. The envisaged requirements 
are summarised in Fig. 1 . 



and limiting at 16 bits/sample absolute maximum 
where necessary to produce the final programme 
signal for distribution or disc mastering. 

It is accepted that 22 bits/sample linear en- 
coders for high quahty sound are well beyond the 
capability of present technology, but it is envisaged 
that given a resolution of say, 15 bits/sample, this 
range should be attainable by use of floating-point 
techniques. The use of floating-point techniques as a 
possible means of extending the range in digital 
recording has also been noted. 

The assumed standards of performance are 
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Fig. 1 - Proposed coding ranges for digital sound-studio complex. 
(Figures indicate number of bits per sample) 



Particular attention has been given to the 
opportunity that digital operation affords of achiev- 
ing optimum programme quality with a minimum of 
operational constraint. To this end a coding range of 
22 bits/sample is proposed for uncontrolled micro- 
phone signals and also for the multi-channel record- 
ing of programme signals for subsequent mix-down 
to the final product. 

A coding range of 18 bits/sample is proposed 
for controlled signals within the studio complex, 
including the recording of such signals, with manual 
control to near 16 bits/sample nominal maximum, 



very high, and they will sometimes not be matched 
elsewhere in the programme chain. However their 
adoption should ensure that new studio equipment 
for production of sound programmes will be devel- 
oped to the highest quality, taking into account the 
likely raising of standards generally in the field of 
digital sound, 
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